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Method of reproducing audio sound with ultrasonic loudspeakers 
5 ■ ■ — 

The invention concerns a method of reproducing audio sound with 
ultrasorV loudspeakers and a design of the ultrasonic loudspeakers and 
use thereof. 

J. Ac^ust. Soc. Am., Vol 73, No 5, May 1983 'The audio spotlight: An 
10 application o^ nonlinear interaction of sound waves to a new type of 
loudspeaker design' already discloses constructing a loudspeaker 
comprising a pltirality of ultrasonic radiating devices. By means of such 
M ultrasonic radiating devices, audio sound can be emitted In a frequency 

g range in which th^audio sound itself can no longer be perceived by the 

O 15 human ear. An audl^^le sound is produced by virtue of non-linear effects in 
SJ the air, with a high level of acoustic pressure and the superimposition of 

2 two ultrasonic waves. \he frequency of the ultrasound, which is high in 

comparison with conventional audio signals, provides that emission of the 
sound takes place in a strongly spatially directed fashion by virtue of its 
20 short wavelength and the tra^isducer dimensions of the ultrasonic radiating 
device, which are large ita comparison therewith. The frequency 
dependency of the directional cfraracteristic of conventional loudspeakers - 
spherical radiating devices at Idw frequencies and directional radiating 
devices at high frequencies - scarcely occurs in the case of an ultrasonic 
25 loudspeaker. 

In addition, a different effect isVlescribed in the conference volume 
AES, 26 - 29 September 1998, San Vrancisco, California, 'The use of 
Airborne Ultrasonics for Generating Audible Sound Beams'. Also described 
therein are considerations relating to the production of an audible sound 
30 based on the emission of the audio sound by means of ultrasound. 

Furthermore the phenomenon of produqing sound waves by means 
of ultrasonic radiating devices is also known from the journal Audio, issue 
8, 1997, pages 7-8. It Is described therein that a first signal at 200 kHz is 
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emitted by means of a loudspeaker system and the loudspeaker system 
emits a second signal at the same frequency of 200 kHz, the second signal 
being modulated with the audio sound signal (20 Hz to 20 kHz). Due to the 
non-linear behaviour of air, when the two signals are superimposed, a 
mixed result is produced, so that the difference of the two signals from 
each other is audible in the form of acoustic sound. 

As further state of the art, reference may be made to: US-A-4 872 
148, US-A-4 439 642, US-A-4 439 641, US-A-4 409 441, US-A-4 280 204, 
US-A-4 199 246, WO-A-85/02748, EP-A-0 164 342, EP-A-0 154 256, CA 1 
274 619, CA 1 215 164, CA 1 195 420, CA 1 120 578, AU-A-28287/77, AU- 
A-510193, WO98/39209, WO98/02976, WO98/02977, WO98/02978, 
WO98/26405, GB-A-2 225 426, DE-A-27 39 748, US-A-5 375 099, CA 1 
274 619, DE-A-196 28 849, US-1 616 639, US-A-1 951 669, US-A-2 461 
344 and US-A-3 398 810. Further features of ultrasonic loudspeakers are 
described in the above-mentioned literature items. 

Although there have been various approaches adopted in respect of 
ultrasonic loudspeakers, hitherto such a product has not been able to 
establish itself on the market. That is also related to the fact that, in spite 
of the particular properties of ultrasonic loudspeakers, some problems 
arise, which are in part related to the essence of ultrasound propagation, 
but which on the other hand are also related to the ultrasonic radiating 
device itself. 

The object of the present invention is to improve a method of 
reproducing audio sound and an ultrasonic loudspeaker, in comparison with 
the previous approaches, so that sound reproduction of high quality is 
possible. In accordance with the invention that object is attained by a 
method as set forth in claim 1 and an ultrasonic loudspeaker as set forth in 
claim 2. Advantageous developments are set forth in the appendant claims 
and described in the description hereinafter. 

The method according to the invention combines low-frequency 
audio sound with the strong directional characteristic of ultrasound. The 
directional characteristic of the loudspeaker is thus virtually independent of 
the signal frequency. To understand the invention and the essence thereof. 



attention is to be directed to the following: Mathennatically, it is possible to 
show with formulae in respect of non-linear acoustics that, with a high level 
of acoustic pressure (p > 110 dB at 40 kHz), as a result of the non-linearity 
of the medium air, new waves occur when a plurality of waves interact with 
each other. The frequencies of those waves correspond to the sum and the 
difference frequency of the original waves and multiples thereof (n . coi ± 
m. C02 wherein ©1 and ©2 are frequencies of the initiated sound waves 
(sounds) and n and m are integers). The sum and difference frequencies 
occur in each frequency range. Marked advantages over conventional 
loudspeakers arise in the ultrasonic range insofar as it is possible to 
implement a very strongly directional characteristic of the transducers and 
this lies outside the range of human hearing. In that case the initiating 
signals - that is to say the ultrasonic waves - are inaudible. 

If for example a first sound at a frequency of 200 kHz and a second 
sound at a frequency of 201 kHz are radiated at a high level of acoustic 
pressure into the air, then sum and difference sounds occur In the 
superimposition zone of the two sounds. The first sum sound 
(f=200kHz+201kHz=401kHz) is not audible. To produce audible sound use 
is made of the first difference sound (f=200kHz-201kHz=lkHz) (Figure 4). 
That difference sound Is much louder than all other sounds which occur In 
the interaction situation. Sum and difference sounds only occur in a non- 
linear medium such as air as distortion products. 

In that case, the difference sounds produced have the property that 
propagation of the difference sounds (secondary sound) occurs in the 
direction of the ultrasound to be produced (initiating sounds, primary 
sound). Furthermore the difference sounds are only audible in the 
ultrasound range, that is to say the directional characteristic of the 
difference sounds corresponds to that of the ultrasound. Finally the acoustic 
pressure of the difference sounds rises with the frequency of the 
ultrasound. 

In terms of technical implementation of an ultrasonic loudspeaker 
according to the invention, firstly on the one hand the audio signal which is 
to be reproduced and which is still of a low frequency is subjected to 



frequency characteristic linearisation (Figures 1 and 2). TInat signal is then 
linked by double side-band amplitude modulation to a carrier signal in the 
ultrasonic frequency cange. That ultrasonic signal is then subjected to a 
dynamic (error compensation (compression)) procedure, the compressed 
signal is subjected to a second frequency characteristic linearisation and 
that signal is in turn passed to the ultrasonic loudspeaker. 

As an alternative to the above-described procedure for forming the 
ultrasonic signal, instead of the double side-band amplitude modulation, it 
is possible to provide single side-band amplitude modulation, in which case 
the ultrasonic carrier is preferably suppressed by some dB, for example 12 
dB (Figure 2), 

The ideal center frequency, that is to say the mean value between 
the ultrasonic carrier frequency and the side band frequency (range) of the 
radiated ultrasonic signal arises out of the intended use. In that respect two 
groups can be definitively stated: A. Use in the near range of up to about 
50 cm; B. Use at a spacing of more than 50 cm up to remote acoustic 
irradiation. 

Different demands in terms of the center frequency can be derived 
from that range subdivision. The level of the audible acoustic pressure 
crucially depends on the acoustic pressure of the ultrasonic signal, the non- 
linearity parameter of the medium, the frequency of the audio signal 
produced and the spacing in relation to the source and the attenuation 
effect of the medium. The difference frequency wave DFW - therefore the 
audible sound - increases with increasing spacing relative to the source. 
Due to the attenuation effect for the ultrasonic wave in the air, the greatest 
acoustic pressure is attained at a given distance, until, with the distance 
becoming greater, the level falls again as a consequence of attenuation. 
Attenuation of ultrasound in the air in turn depends on the ultrasonic 
frequency. The higher the frequency is, the correspondingly higher also is 
the level of absorption of ultrasound in air. 

For practical uses, this means that, for uses at a spacing of greater 
than 50 cm up to some meters, it is possible to specify an ideal frequency 
range of about 40 kHz to 500 kHz (or more). The frequency range on the 



one hand is selected to be sufficiently high in order to produce a DFW as 
effectively as possible and to ensure an adequate frequency distance in 
relation to the audible sound, while on the other hand being sufficiently low 
that attenuation by the air does not have an excessive influence on the 
audio sound. A further criterion is the directional characteristic of the 
ultrasonic radiating device. The higher the radiated frequency, the 
correspondingly more directional is the irradiation effect. 

A higher frequency is appropriate for the near range (less than 50 
cm) for air absorption is of negligible magnitude in the near range while the 
dimensions of the ultrasonic transducer, depending on the respective use 
involved, are so small that a stronger directional effect is not achieved by 
virtue of the configuration of the transducer, but can only be embodied by 
increasing the ultrasonic frequency. 

The frequency shift of the low-frequency signal (speech, music, 
noises, tones) in the ultrasonic range is effected by amplitude modulation. 
In that case there is a carrier signal as well as an upper and a lower side 
band which contain the modulated information. With a high acoustic 
pressure the carrier signal becomes for example 200 kHz and the lower 
side band is radiated by way of a transducer and superimposed in the air. 
In that situation, the non-linear characteristic of the air gives rise to a 
signal whose frequency corresponds to the difference of the carrier and side 
band frequency. The higher the frequencies of the radiated sounds at a 
constant amplitude are, the correspondingly louder are the difference 
sounds produced. The acoustic pressure of the difference sounds rises 
quadratically with the difference frequency of the radiated ultrasonic 
sounds. By virtue of a high ultrasonic frequency, the directional effect 
which can be achieved can be maximised and the frequency distance of the 
radiated ultrasound in relation to the range of human hearing can be 
increased. 

The acoustic pressure of the difference frequencies arises inter alia 
out of the product of the signals to be mixed. When an amplitude- 
modulated signal is emitted, the carrier is also radiated at full height, in the 
case of a modulation break, that is to say, when no signal is applied at the 



modulator. The amplitude of the carrier signifies a constant noise loading 
^ for the ears and a permanent electrical loading of the transducers. With 

conventional amplitude modulation the amplitude of a side band is mxAr/Z 
(with m =modulation index and At =carrier amplitude). The carrier is 
5 continuously radiated and is of a greater amplitude than the side band 
which is modulated at the clock of the low frequency. These above- 
mentioned problems can be eliminated in a meaningful manner by the 
measures described hereinafter. A noise reduction can be achieved if the 
amplitude of the carrier is reduced, for example by means of a filter, or, 
10 and this is already done in the modulator, by partial carrier suppression, 
and at the same time the amplitude of the upper side band is increased. As 
a result the continuous level is reduced and the relative change in level 

M, which is related to the carrier, due to the modulation effect, becomes 

===% 

g greater. For the situation of carrier suppression, the lower side band must 

O 15 be greatly suppressed in order to prevent mixing of the two side bands with 

sj each other, which would give rise to severe distortion effects. The above- 

^ described measure can also be generally referred to as 'carrier reduction*. 

H If the carrier amplitude is modulated with the amplitude of the signal 
to be transmitted, no signal is emitted in the case of a modulation break. 
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□ 20 That then requires an additionally controlled compressor stage which 
p compensates for amplitude errors which arise out of modulation of the 

rU carrier. Therefore, to eliminate the above-described problem, modulation of 

the carrier amplitude is effected at the clock of the signal to be modulated. 
It is also possible to counter a problem as described hereinbefore, by 
25 effecting compression of the signal to be modulated, so that the signal is 
reduced in respect of its dynamics and thus in particular the quiet signal 
passages are raised in terms of their volume. The modulator can be 
operated in the optimum fashion in that way. After modulation the 
compression effect has to be compensated again by expansion in order to 
30 obtain the original dynamic. Good results could be achieved with the 
described compression of the modulation signal prior to modulation. 

A further measure for eliminating the foregoing problem provides 
suppressing actuation of the transducers with the carrier signal in 



modulation breaks (muting) so that the modulator output signal is faded 
out when no input signal is applied. 

The amplitude-modulated low frequency oscillation is radiated at a 
high level of acoustic pressure with a transducer. A difference frequency 
5 spectrum which corresponds to the spectrum of the low frequency occurs in 
the air due to the interaction between the carrier oscillation and the 
modulated side band. In order to achieve a low harmonic distortion factor, 
single side band modulation is particularly preferably appropriate. If the 
carrier is partially suppressed in conventional double side band amplitude 
10 modulation, suppression of the lower side band is essential because mixing 
of the two side bands with each other produces additional difference 
frequencies which make themselves undesirably noticeable in the form of a 
1=^ harmonic distortion factor. 

g With piezoelectric transducers however radiation of the modulated 

Q 15 sianal is of such a narrow-band nature that the lower side band is only very 
^ quietly reproduced. Mixing of the side bands with each other is negligible as 

3 a result, in terms of acoustic pressure. This however presupposes that the 

carrier is so loud that the mixture of carrier and side band gives a much 
louder signal than mixing of the side bands with each other. Accordingly, 
20 modulation is effected either in the form of conventional double side band 
amplitude modulation or in the form of single side band amplitude 
modulation in which the carrier is suppressed by for example 12dB for 
further function optimisation purposes. 

The relationship between the electrical input signal of the 
25 piezoelectric transducers and the level of acoustic pressure of the difference 
sounds is not linear. In that respect, linear transmission can be achieved 
with a compensation circuit (dynamic compression). 

Frequency-dependent amplitude errors in the transmission system 
are compensated by a frequency characteristic linearisation procedure 
30 which is required in particular when using piezoelectric transducers with a 
strongly non-linear frequency characteristic. Distortion removal can be 
effected prior to modulation in the low-frequency range or after modulation 
in the ultrasonic range. Distortion removal after modulation enjoys the 
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advantage that in that way the operating reserve of the modulator is not 
linnited when a frequency range is raised. 

The difference sound wave occurs in the radiated ultrasound cone. 
The cross-section of the cone in that case has an influence on the resulting 
audio frequency characteristic. The audible signal occurs at a boundary 
surface or interface which is put into the sound beam. In that situation the 
lower limit frequency depends on the cross-sectional area of the article put 
into the beam. In order to achieve a linear frequency characteristic for a 
reflector at a wall, distortion removal which is matched to the area of the 
reflector is necessary (area-related distortion removal). 

The maximum in terms of the acoustic pressure occurs at a given 
distance from the ultrasonic source. It arises for different audio frequencies 
at different spacings. Therefore, a linear frequency characteristic can be set 
for a given distance only by virtue of a specific distance-related distortion 
removal effect. Accordingly signal processing must include a specific 
distance-dependent frequency characteristic distortion removal effect, for a 
linear frequency characteristic. 

In order to produce a high ultrasound level, a relatively large number 
of transducers are connected in parallel. It was possible to find out in that 
respect that the arrangement of the transducers plays a great part. Thus, 
transducers are arranged as densely as possible on a plate so that the low- 
note response or reproduction of the loudspeaker is quieter than in the case 
of an arrangement in which the same number of transducers are arranged 
in an annular array. 

The described analog amplitude modulation procedure can also be 
implemented digitally. In that case multiplication of a sine oscillation 
(carrier) by a low-frequency signal, partial suppression of the carrier and 
suppression of the lower side band are possible, with a digital signal 
processor component. Frequency characteristic contours can also be 
relatively easily implemented when using a digital signal processor. 

The level of the audio acoustic pressure however also depends inter 
alia on the non-linearity parameter of the acoustically transmitting medium. 
For air the parameter _ = 1.2. For the medium water _ = 3.5. It was now 
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possible to find that, in the case of a water-air bubble mixture, it is possible 
to specify an extrenne value of __ over 5,000, which means that in 
comparison with the medium air, with a water/air mixture, the acoustic 
pressure can be increased by the factor of 4,000. In that way it is possible 
for example to produce a water/air mixture in a headset earpiece so that 
the water/air mixture medium is arranged between the ultrasonic radiating 
device and the listener and increases the acoustic pressure of the audio 
signal. 

The audio acoustic pressure can also be still further increased by 
other measures. Due to the increasing steepening of the gradient of the 
wave front in the course of propagation, which is equivalent to the 
production of harmonics. In accordance with an energy balance sheet, the 
energy which is in the harmonics is not available for the difference sound 
wave. There is so-to-speal< a flow of energy from the fundamental wave to 
the harmonics. If it is possible to brake that flow of energy, the audio 
acoustic pressure could be increased. A proposed implementation in that 
respect is as follows: 

A sound-transmitting medium contains small cavities which, together 
with the material, affords a multiplicity of Helmholtz resonators. The 
resonators are tuned to the first harmonic of the signal and thereby brake 
the flow of energy to higher harmonics. If the cavities are filled with a non- 
linear medium, for example a liquid, it is possible by virtue of that measure 
to achieve a higher value for the non-linearity parameters, whereby the 
acoustic pressure of the difference sounds would be increased. 

By means of that technology, it is possible to construct reflectors 
which passively amplify the acoustic pressure of the difference sounds. 

By virtue of the described 'attenuation plate', for an ultrasonic 
loudspeaker which is fitted into the head support of a motor vehicle, it is 
possible to achieve a higher level of audio sound with at the same time 
reduced ultrasound. For cable-less headsets, it would be possible for 
inaudible ultrasound to be wirelessly transmitted and for the difference 
sounds to be brought to an adequate level by way of the above-described 
absorber. 



Mathematically it Is possible to show with formulae of non-linear 
acoustics that, with a high level of acoustic pressure (p > llOdB at 40 
kHz), as a result of the non-linearity of the medium air, new waves occur 
when a plurality of waves interact with each other. 

The frequencies of those waves correspond to the sum and the 
difference frequencies of the original waves and multiples thereof: (n*a)i± 
m C02 with coi, C02: frequencies of the initiated sounds and n, m: integers). 

The sum and difference frequencies occur in each frequency range. 
Marked advantages in comparison with conventional loudspeakers are 
afforded in the ultrasound range in which a very strong directional 
characteristic of the transducers can be embodied and which is outside the 
range of human hearing; the initiating signals are inaudible in that case. 

Example: 

If a sound at a frequency of 200 kHz and a second sound at a 
frequency of 201 kHz are emitted into the air at a high level of acoustic 
pressure, sum and difference sounds occur in the superimposition zone of 
the two sounds. The first sum sound (f=200kHz+201kHz=401kHz) is not 
audible. To produce audible sound, the first difference tone (f=200kHz- 
201kHz=lkHz) is used. It is also much louder than all other sounds 
occurring in the interaction. It is only in a non-linear medium such as air 
that distortion products occur, which give sum and difference sounds. 

Properties of the difference sounds produced: 

- propagation of the secondary sound (the difference sounds) occurs 
in the direction of the primary sound (the initiating sounds), 

- the secondary sound is only audible in the region of the primary 
sound, that is to say, the directional characteristic of the secondary sound 
corresponds to that of the primary sound, and 

- the acoustic pressure of the difference sounds rises with the 
frequency of the initiating sounds. 

Technical implementation (embodiment of the invention by way of 
example): 
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Figures 1 and 2 show block circuit diagrams of an ultrasonic 
loudspeal<er, wherein Figure 2 shows an improved circuit in comparison 
with Figure 1. 

As can be seen from Figure 1, firstly on the one hand the low- 
frequency audio signal is subjected to a frequency characteristic 
linearisation procedure and then a double side band amplitude modulation 
procedure (and/or frequency and/or phase modulation), with the carrier 
frequency being in the ultrasonic range. Thereafter, dynamic compression 
or dynamic error compensation is possibly effected (in dependence on 
signal). That is then again followed by further frequency characteristic 
linearisation and the signal which is then outputted is fed to an ultrasonic 
transducer. 

The circuit shown in Figure 2 differs from that in Figure 1 essentially 
in that, instead of double side band amplitude modulation, single side band 
amplitude modulation is effected, with the carrier being suppressed in the 
ultrasonic range by about 12 dB. 

The ideal center frequency, that is to say the mean value between 
the ultrasonic carrier frequency and the side band frequency (range) of the 
radiated ultrasonic signal arises out of the intended use. In that respect two 
groups can be stated: 

1. Use in the near range of up to about 50 cm; 

2. Use at a spacing > 50 cm and remote acoustic irradiation. 
Different demands in terms of the center frequency can be derived 

from that range subdivision. The level of the audible acoustic pressure 
crucially depends on the acoustic pressure of the ultrasonic signal, the non- 
linearity parameter of the medium, the frequency of the audio signal 
produced and the spacing in relation to the source and the attenuation 
effect of the medium. The difference frequency wave increases with 
increasing spacing relative to the source. Due to the attenuation effect for 
the ultrasonic wave in the air, the greatest acoustic pressure is attained at 
a given distance, until, with the distance becoming greater, the level falls 
again as a consequence of attenuation. Attenuation of ultrasound in the air 
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in turn depends on the frequency. The higher the frequency is, the 
correspondingly higher also is the level of absorption of ultrasound in air. 

For practical uses, this means that, for uses at a spacing > 50 cm up 
to some meters, it is possible to specify an ideal frequency range of about 
80 kHz to 180 kHz. The frequency range on the one hand is selected to be 
sufficiently high in order to produce a DFW as effectively as possible and to 
ensure an adequate frequency distance in relation to the audible sound, 
while on the other hand being sufficiently low that attenuation by the air 
does not have an excessive influence on the audio sound. A further 
criterion is the directional characteristic of the ultrasonic radiating device. 
The higher the radiated frequency, the correspondingly more directional is 
the irradiation effect. 

A higher frequency is appropriate for the near range for air 
absorption is of negligible magnitude in the near range while the 
dimensions of the ultrasonic transducer, depending on the respective use 
involved, are so small that a stronger directional effect is not achieved by 
virtue of the configuration of the transducer, but can only be embodied by 
increasing the ultrasonic frequency. 

Frequency shift of the low-frequency signal 

The frequency shift, of the low-frequency signal (speech, music, 
noises, tones) into the ultrasonic range is effected by amplitude 
modulation. In that case there is a carrier signal as well as an upper and a 
lower side band which contain the modulated information. 

With a high acoustic pressure the carrier signal becomes for example 
200 kHz and the upper side band is radiated by way of a transducer and 
superimposed in the air. In that situation, the non-linear characteristic of 
the air gives rise to a signal whose frequency corresponds to the difference 
of the carrier and side band frequency. The higher the frequencies of the 
radiated sounds at a constant amplitude are, the correspondingly louder 
are the difference sounds produced. The acoustic pressure of the difference 
sounds rises quadratically with the difference frequency of the radiated 
ultrasonic sounds. By virtue of a high ultrasonic frequency, the directional 
effect which can be achieved can be maximised and the frequency distance 
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of the radiated ultrasound in relation to the range of human hearing can be 
increased. 

Inadequacy in amplitude modulation: permanent carrier amplitude 
The acoustic pressure of the difference frequencies arises inter alia 
out of the product of the signals to be mixed. When an amplitude- 
modulated signal is emitted, the carrier is also radiated at full height, in the 
case of a modulation break, that is to say, when no signal is applied at the 
modulator. The high amplitude of the carrier signifies a constant noise 
loading for the ears and a permanent electrical loading of the transducers. 
With conventional amplitude modulation the amplitude of a side band is 
m*AT/2 (with m =modulation index and Ay =carrier amplitude). The carrier 
is continuously radiated and is of a greater amplitude than the side band 
which is modulated at the clock of the low frequency. Therefore the 
following measures are meaningful: 
Carrier reduction 

A noise reduction can be achieved if the amplitude of the carrier is 
reduced, for example by means of a filter, or, and this is already done in 
the modulator, by partial carrier suppression, and at the same time the 
amplitude of the upper side band is increased. As a result the continuous 
level is reduced and the relative change in level which is related to the 
carrier, due to the modulation effect, becomes greater. For the situation of 
carrier suppression, the lower side band must be greatly suppressed in 
order to prevent mixing of the two side bands with each other, which would 
give rise to severe distortion effects. 

Modulation of the carrier amplitude in the clock of the signal to be 
modulated 

If the carrier amplitude is modulated with the amplitude of the signal 
to be transmitted, no signal is emitted in the case of a modulation break. 
That then requires an additional controlled compressor stage which 
compensates for amplitude errors which arise out of modulation of the 
carrier. 

Compression of the modulation signal prior to modulation 
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Compression of the signal to be modulated provides that the signal is 
reduced in respect of its dynamics and thus In particular the quiet signal 
passages are raised in terms of their volume. The modulator can be 
operated in the optimum fashion in that way. After modulation the 
compression effect has to be compensated again by expansion in order to 
obtain the original dynamic. 

Muting 

For suppressing actuation of the transducers with the carrier signal in 
modulation breaks the modulator output signal is faded out when no input 
signal is applied. 

Practical design of the modulator 

The amplitude-modulated low frequency oscillation is radiated at a 
high level of acoustic pressure with a transducer. A difference frequency 
spectrum which corresponds to the spectrum of the low frequency occurs in 
the air due to the interaction between the carrier oscillation and the 
modulated side band. In order to achieve a low harmonic distortion factor, 
single side band modulation is optimum. If the carrier is partially 
suppressed in conventional double side band amplitude modulation, 
suppression of the lower side band is essential because mixing of the two 
side bands with each other produces additional difference frequencies which 
make themselves noticeable in the form of a harmonic distortion factor. 

With piezoelectric transducers however radiation of the modulated 
signal is of such a narrow-band nature that the lower side band is only very 
quietly reproduced. Mixing of the side bands with each other is negligible as 
a result, in terms of acoustic pressure. This however presupposes that the 
carrier is so loud that the mixture of carrier and side band gives a much 
louder signal than mixing of the side bands with each other. 

Accordingly, modulation is effected either in the form of conventional 
double side band amplitude modulation or in the fornh of single side band 
amplitude modulation in which the carrier is suppressed by for example 
12dB for further function optimisation purposes. 

Dynamic compression (dynamic error compensation) 



14 



The relationship between the electrical input signal of the 
piezoelectric transducers and the level of acoustic pressure of the difference 
sounds is not linear. In that respect, linear transnnission can be achieved 
with a connpensation circuit. 

Linearisation of the frequency characteristic 

Frequency-dependent amplitude errors in the transmission system 
are compensated by a frequency characteristic linearisation procedure 
which is required in particular when using piezoelectric transducers with a 
strongly non-linear frequency characteristic. Distortion removal can be 
effected prior to modulation in the low-frequency range or after modulation 
in the ultrasonic range. Distortion removal after modulation enjoys the 
advantage that in that way the operating reserve of the modulator is not 
limited when a frequency range is raised. 

Area-related distortion removal 

The difference sound wave occurs in the radiated ultrasound cone. 
The cross-section of the cone in that case has an influence on the resulting 
audio frequency characteristic. The audible signal occurs at a boundary 
surface or interface which is put into the sound beam. In that situation the 
lower limit frequency depends on the cross-sectional area of the article put 
into the beam. In order to achieve a linear frequency characteristic for a 
reflector at a wall, distortjon removal which is matched to the area of the 
reflector is necessary. 

Distance-related distortion removal 

The maximum in terms of the acoustic pressure occurs at a given 
distance from the source. It arises for different audio frequencies at 
different spacings. Therefore, a linear frequency characteristic can be set 
for a given distance only by virtue of a specific distance- related distortion 
removal effect. Accordingly signal processing must include a specific 
distance-dependent frequency characteristic distortion removal effect, for a 
linear frequency characteristic. 

Increase in the acoustic pressure by a large number of transducers 
In order to produce a high ultrasound level, a relatively large number 
of transducers are connected in parallel. 
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The arrangement of the transducers plays a great part in this case: 
the transducers are arranged as densely as possible on a plate so that the 
low-note response or reproduction of the loudspeaker is quieter than in the 
case of an arrangennent in which the same number of transducers are 
arranged in an annular array. 

Modulation by digital signal processing 

The described analog amplitude modulation procedure can also be 
implemented digitally. Multiplication of a sine oscillation (carrier) by a low- 
frequency signal, partial suppression of the carrier and suppression of the 
lower side band are possible, with a digital signal processor component - 
Figure 3. Frequency characteristic contours can also be relatively easily 
implemented when using a digital signal processor. 

Non-linearity parameters 

The level of the audio acoustic pressure also depends inter alia on 
the non-linearity parameter of the medium. For air the parameter e = 1.2. 
For the medium water s = 3.5, for water with air bubbles, it is possible to 
specify an extreme value of e =^ 5,000. In comparison with the medium air, 
the acoustic pressure can be increased by the factor of 4,000. A suitable 
medium between the ultrasonic radiating device and the listener can 
increase the acoustic pressure of the audio signal. 

The audio acoustic pressure can be increased by other measures. 
Due to the increasing steepening of the gradient of the wave front in the 
course of propagation, which is equivalent to the production of harmonics. 
In accordance with an energy balance sheet, the energy which is in the 
harmonics is not available for the difference sound wave. There is so-to- 
speak a flow of energy from the fundamental wave to the harmonics. If it is 
possible to brake that flow of energy, the audio acoustic pressure could be 
increased. 

A proposed implementation in that respect is as follows: 
A sound-transmitting medium contains small cavities which, together 
with the material, affords a multiplicity of Helmholtz resonators. The 
resonators are tuned to the first harmonic of the signal and thereby brake 
the flow of energy to higher harmonics. If the cavities are filled with a non- 
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linear medium, for example a liquid, it is possible by virtue of that measure 
to achieve a higher value for the non-linearity parameter, whereby the 
acoustic pressure of the difference sounds was increased. 

By means of that technology, it is possible to construct reflectors 
5 which passively amplify the acoustic pressure of the difference sounds. 

By virtue of the described 'attenuation plate', for an ultrasonic 
loudspeaker which is fitted into the head support of a motor vehicle, it is 
possible to achieve a higher level of audio sound with at the same time 
reduced ultrasound. 

10 For cable-less headsets, it would be possible for inaudible ultrasound 

to be wirelessly transmitted and for the difference sounds to be brought to 
a high level by way of the above-described absorber. 
Practical uses 

C3 As audible sound occurs only in the superimposition zone of the 

^ 15 mixed ultrasonic signals, almost punctiform 'projection' of the sound is 
possible by virtue of the spatial separate irradiation of carrier and side band 

PI 

signals by way of specific transducers. Irradiation of both signals by way of 
a single transducer or a transducer array in contrast modifies the 
punctiform characteristic into a linear characteristic along the direction of 
20 propagation of the ultrasound. 

Practical uses of the ultrasonic loudspeaker are primarily those in 
which use is made of the strong directional effect of the loudspeaker. In 
regard to uses a) - e) an absorbent material behind the region to be 
acoustically irradiated provides for preventing rearward reflection of the 
25 ultrasound. 

a) Art objects which 'speak' acoustic irradiation of an art object in 
such a way that the sound is audible only in the immediate vicinity of the 
object. The transducer can be arranged for example above the object and is 
audible only within a small region around the object. Acoustic irradiation of 

30 the surrounding area does not occur as a result. 

b) Active noise compensation for a motor vehicle, aircraft, bus or 
train; a microphone is used to record and analyse the ambient noise. Using 
an electronic circuit, a signal of opposite phase is produced and irradiated 
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with the ultrasound transmission method in a directed mode and in 
dependence on the seating position. Superimposition of the sound with the 
counter-sound produced causes a reduction in ambient noise. 

c) Conference systems for spatially addressable sound emission in 
various languages: in conference rooms and halls, the individual seat 
positions are selectively radiated with sound without the respective 
neighbour being disturbed. Various languages can be transmitted in that 
way simultaneously and without using headsets. 

d) A loudspeaker in an aircraft, bus, train as a headset substitute: 
the strong directional effect of the ultrasonic loudspeaker makes it possible 
to produce sounds with loudspeakers instead of with headsets. That is 
made possible by the Implementation of electrically or mechanically 
pivotable radiating devices and permits 'audio on demand'. 

e) Directed sound emission on the stage (prompter). 

f) In a motor vehicle as an addressable loudspeaker (transducers 
mounted in the head support or the roof are controllable by way of an 
operating panel with a matrix display). 

g) Sound irradiation of computer workstations at the monitor. 
Transducers are mounted around the picture tube of the monitor. The 
sound is thus audible only djrectly in front of the monitor. 

h) 'Ultrasonic wallpaper' or ultrasonic ceiling for active noise 
compensation in the home, function see above. 

i) Surround loudspeakers: utilising wall reflections: 'projection' of the 
surround information on to the room walls at which virtual sound sources 
are to occur. The rear boxes therefore do not necessarily have to be set up 
behind the listener. 

j) Sound production in connection with PA-uses: acoustic 
'illumination' of quite specific areas. In that respect distinction in relation to 
the surrounding regions (audio on demand). 

k) Hands-free device (for telephoning in a motor car): due to the 
strong directional effect of the loudspeaker, if the microphone is 
appropriately mounted, it can be provided that no acoustic feedback occurs 
between loudspeaker sound and the picked-up microphone sound. A 
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combination of ultrasonic loudspeaker and directional microphone for 
avoiding acoustic feedback: the loudspeaker is arranged for example above 
the listener while the directional microphone is directed frontally towards 
the person speaking. The strongly directed sound of the ultrasonic 
loudspeaker does not reach the microphone so that there cannot be any 
acoustic feedback effect (for example in TV studios involving questions 
from the audience). 

I) If an ultrasonic loudspeaker is installed at each seat position, a 
telephone conversation can be carried on at each seat position without the 
telephone set having to be brought to that place. 

In the case of the method described herein for the reproduction of 
audio sound, exclusively inaudible ultrasound is irradiated into the air by 
way of a special transducer. 

Due to non-linear effects in the air, audible sound is produced with a 
high level of acoustic pressure and the superimposition of two ultrasonic 
waves. The frequency of the ultrasound, which is high in comparison with 
ordinary audio signals, means that the emission of sound is effected in a 
strongly spatially directed manner, by virtue of its short wavelength and 
the transducer dimensions which are large in relation thereto. The 
frequency dependency of the directional characteristic of conventional 
loudspeakers (spherical radiating devices at low frequencies and directional 
radiating devices at high frequencies) scarcely arises with this loudspeaker. 

The method combines low-frequency audio sound with the strong 
directional characteristic of ultrasound. The directional characteristic of the 
loudspeaker is thus virtually independent of the signal frequency. 

Reduction in distortion phenomena upon amplitude modulation 

Radiation of the modulated signal is effected with ultrasonic 
transducers. If the signal is a double side band-modulated AM signal, 
distortion effects caused by the principle involved can be reduced, in the 
following manner: 

1. by narrow-band transducers of high quality, 

2. in the case of wide-band transducers by an upstream-connected 

filter. 
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The filter is not required in the case of narrow-band transducers as 
the transmission function of the transducers is already equivalent to that of 
a narrow-band filter. 

The system is to be tuned in such a way that the carrier frequency 
comes to lie approximately on the -6dB point of the filter flank. Cutting off 
the lower side band causes a reduction in the distortion effects. 

Temperature-dependent drift of the filter flank of narrow-band 
transducers and filters has to be compensated by adjustment of the carrier 
frequency. Adjustment of the carrier frequency is effected as far as possible 
in signal intervals. 

In the case of speech reproduction, signal filtering of the audio signal 
to be modulated should be effected to increase speech comprehensibility. 
The filter is to be designed in such a way that attenuation of 3dB/oct. 
occurs from the signal frequency of IkHz. 

Reduction in distortion effects as a consequence of transducer 
geometry 

If the transducer dimensions exceed the value of about one-quarter 
of the lowest low-frequency wavelength to be emitted, distortion effects 
increasingly occur in the near-range field of the transducer, due to signal 
transit time differences. The dimensions of the transducer should therefore 
be less than the specified wavelength. 

Additional supplement for technical implementation of modulation 

A still more strongly directed audio band radiation effect can be 
achieved as follows: 

The acoustic pressure of the audio band depends on the product of 
the acoustic pressures of the carrier signal and the side band. By Increasing 
the acoustic pressure - either of the carrier or the side band - the resulting 
acoustic pressure is increased in the audio frequency range. Radiating a 
wide frequency range with a high acoustic pressure gives rise to certain 
difficulties. 

Radiation of carrier and side band by way of a transducer or a 
transducer group makes heavy demands on the transducers. By virtue of 
almost identical radiation conditions in respect of carrier and side band, the 
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audio wave occurs in the entire signal superimposition region. Tliat results 
in a relatively wide radiation effect. A still sharper directional effect can be 
achieved by emitting carrier and side band by way of separate transducers: 

A special, very narrow-band, sensitive and highly directional 
transducer produces the carrier signal while the side band is superimposed 
with a wider-band transducer/transducer array. As the audio acoustic 
pressure is formed by the product of the two ultrasonic acoustic pressures 
to be superimposed, it is possible, by way of the acoustic pressure of the 
carrier, to adjust the acoustic pressure of the audio wave within wide limits 
and at the same time to reduce the level of the ultrasonic carrier, with low 
levels of volume. The superimposition of the sound waves and the 
production of mixed products however occurs only in the region where both 
sound waves so-to-speak fill the space. Due to the very strong possible 
directional characteristic of the carrier radiating device, that also results in 
a highly pronounced directional effect for the audio wave. 

Absorption of the ultrasonic signal by an ultrasonic filter 

To produce the audio signal from the modulated ultrasonic signal, a 
given distance is required, along which the wave is demodulated in the air. 
When the ultrasound has covered the distance required, a filter which is 
transmissive in respect of audio frequencies but non-transmissive in 
respect of ultrasound provides that the audio wave is admittedly well 
audible, but the ultrasonic signal is strongly damped. The filter has no 
significant effect on the directional characteristic of the transducer. 

The filter must be such that it strongly damps frequencies above the 
audible range while audio frequencies experience only a slight damping 
effect. It is more appropriately arranged at the end of the generation zone. 

As a long generation zone is required for low audio frequencies the 
lower limit frequency of the audio signal can be varied by a variation in the 
spacing between the transducer and the absorber. 

Enrichment of the sound image by psychoacoustic effects 

The lower the frequency of the audio wave demodulated in air is, the 
correspondingly lower is the acoustic pressure of the wave, in relation to 
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constant acoustic pressure of the ultrasonic waves. For reasons of physics 
therefore low frequencies can be only very quietly reproduced. 

In order to give the subjective Impression of reproducing deep 
sounds which objectively are not present at all, it is possible by means of 
5 signal processing to produce a given harmonic spectrum which gives rise to 
that impression. Pre-distortion of the audio signal is required for that 
purpose. The modulator includes a circuit which performs that function. 
Further uses 
Virtual loudspeaker 

10 In order to cause a sound object to apparently move in space, it is 

necessary, with conventional loudspeaker technology, to move the 
loudspeaker in space. That effect can be more effectively achieved with the 
ultrasonic loudspeaker. 

By making use of the reflecting properties for ultrasound of surfaces 
15 which are hard in relation to sound, it can be provided that reflection of the 
J ultrasonic loudspeaker at a wall or the like is perceived similarly to a light 

beam which is reflected in a mirror, and that therefore gives a virtual 
source. For example, two forms of implementation are possible: 
1. Rotatably and pivotably suspended US-loudspeaker, 
20 2. Fixedly suspended US-loudspeaker which radiates on to a movably 

mounted reflector. 

Spatial signal motion by means of a travelling transducer 
When the listener is moving, for example on a travelator, escalator 
and the like, the audio signal can also be caused to move along, by virtue 
25 of pivotal movement of the transducer, so that only the moving listener is 
subjected to the effect of sound, but not the surrounding region in space. 

Accompanying movement of the audio sound can also be effected by 
switching on ultrasonic radiating devices which are disposed above the 
listener, such switching-on effect being synchronised with the speed of 
30 travel of the travelator/escalator; the ultrasonic radiating devices only ever 
radiate sound into the regions in space in which the listener is moving at 
that time. 

Spatial accompanying signal motion by a phased array 
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By means of targetedly actuating individual transducer elements of 
an array, it is possible to produce accompanying spatial signal motion (in 
the case of the ultrasonic loudspeaker having a strong directional 
characteristic) without in that situation moving the ultrasonic radiating 
device. This method is a combination of the 'phased array' technology and 
the above-described 'ultrasonic loudspeaker'. 

Figures 4a and 4b show the propagation of an audio sound wave 
produced by an ultrasonic transducer. In this case for example the 
frequencies fi=101kHz and f2=100kHz are simultaneously radiated by the 
ultrasonic radiating device (ultrasonic transducer). Now, similarly to a (non- 
linear) mixer stage of an AM medium-wave receiver the mixed products 
fi+f2=201kHz and fi-f2=lkHz and multiples thereof are now produced in 
the ultrasonic beam in air. The sum frequency fx and f2=201kHz is not 
audible to a human being, but the difference frequency fi-f2=lkHz is. It can 
now be easily imagined that fi is modulated, with the audio frequency 
range Af=100. ..20kHz to fi=100kHz+Af. Then, inter alia also precisely the 
audio frequency lOOHz.. .20kHz occurs in the ultrasonic beam due to the 
mixing effect at the non-linearity of the air, in which case this involves a 
similarly strong focusing effect as is predetermined by the ultrasonic beam. 

In the mixing zone of the ultrasonic beam there are virtual audio 
sound sources (virtual loudspeakers) which are added up in the direction of 
the progressing ultrasound for ultrasound and audio sound are propagated 
at the same speed of sound (340 m/s). That effect can be represented on a 
model. Small loudspeakers are mounted in closely adjacent relationship on 
a bar, which can all radiate audio sound as spherical radiating devices 
(Figure 5) and which are actuated with the same audio signal in time- 
delayed relationship. The time delay t between two loudspeakers is so 
selected that it exactly corresponds to the time that the sound wave 
requires to go from one loudspeaker to the next. It can be determined by 
the relationship t=c/lL c=speed of sound). The sound from the first 
loudspeaker is amplified by the second and so forth. A very strong focusing 
effect in respect of the audio sound occurs due to the multiplicity of 
loudspeakers (a virtually infinite number of virtual sound sources are 
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produced in the ultrasonic beam), which loudspeakers are switched on in 
dependence on location with the transit time of the sound. 

The audio sound in the ultrasonic beam according to the invention 
occurs in the ultrasonic beam itself. In contrast to the radiation of sound by 
a conventional loudspeaker, it initially becomes louder with increasing 
distance until the ultrasound level has dropped away to such an extent that 
the non-linear effect of the air no longer acts and thus no more 
components are added to audio sound production. The length of the active 
zone of audio sound production in the ultrasonic beam determines the 
lower limit frequency of the directed audio sound source. There must be at 
least so many virtual sound sources that the active zone is several 
wavelengths long at the lower limit frequency. Therefore audio frequencies 
below 100 Hz require large distances from the listener to the ultrasonic 
radiating device (and thus also high levels of output power). One approach 
in this respect is afforded by using psychoacoustic signal processing, as 
described hereinbefore. 

It follows from the two effects described that the level and the lower 
reproduction frequency of the audio signal are dependent on location. The 
high ultrasonic level which is necessary in principle to produce the audio 
sound has to be present only in the active zone of the ultrasonic beam. 
Once the directed audio sound beam has been produced, the ultrasonic 
component can be eliminated with an acoustic low pass filter (audio sound- 
transmissive ultrasonic absorber). 

Figures 6a and 6b show typical examples of use of the ultrasonic 
radiating device which is arranged under a ceiling and which directs the 
ultrasonic beams modulated with audio signals, on to a wall of which an 
ultrasound-absorbent coating (ultrasound-reflection covering) is so adapted 
that ultrasound is absorbed. The audio signals which are then reflected are 
ultrasound-free and can be heard by the person in front of the wall. 

An ordinary ultrasonic transducer can be used for the ultrasonic 
transducers themselves. However, ultrasonic foil transducers are also 
particularly suitable, which in the manner of a capacitor (electret) 
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transducer have a foil and a counter-electrode which is suitably designed 
(with grooves or holes). 

The alternative configuration is also advantageous, in which the 
position where a listener to whom sound is to be radiated is disposed is 
ascertained by means of a distance-measuring device in relation to an 
ultrasonic measuring device. If the listener is in a critical region of the 
ultrasonic beam, which could be harmful to health, ultrasound reproduction 
is switched off so that the respective person (or the animal) is not exposed 
to high levels of ultrasound. If the ultrasound is to be directed on to a given 
region and if that region is also still moving (that is for example the case 
with a single listener who is moving on a stage and who is to be radiated 
with sound), then it is advantageous in that respect if there is provided a 
device by means of which the listener intended to receive the sound can 
currently be located so that the sound radiation effect is preferably 
implemented only to the located region. That can be effected for example 
by the listener intended to receive the sound bearing a transmitting device 
with navigation (for example GPS) and thus constantly transmitting his own 
navigational data to a receiver device which in turn is used to control the 
pivoting movement of the ultrasonic beam. The listener who is to receive 
the sound could also be fitted with a so-called TAG identifier, the precise 
position of which is ascertained by a suitable interrogator (interrogation 
unit for the TAG), with which then in turn the pivoting movement of the 
ultrasonic beams is controlled. However it is also possible to use all other 
technical options for locating an individual region or a plurality of regions in 
order to control the pivoting movement of an ultrasonic beam so that audio 
reproduction can then only ever be heard in the desired narrow region but 
not outside the desired region. 

Such uses are particularly advantageous in a theater (for the 
prompter) or in a television studio in relation to a TV show when the 
presenter who is moving across the stage is to receive instructions which 
are not to be audible to the rest of the public. 

The pivoting movement of the ultrasonic beam can be implemented 
with the different technological procedures described in this application, 
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that is to say by pivoting the ultrasonic radiating devices or by means of a 
pivotable reflector or by the so-called 'phased array' control, with the 
ultrasonic beams being directionally electronically determined. 
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